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[57] ABSTRACT 

A communication network system comprising telephone 
networks concatenated with a packet switched data inter- 
network such as the Internet is provided. The network 
system transports voice signals therethrough while minimiz- 
ing circuit overload in the telephone network circuits input- 
ting signals to be transported through the internetwork. The 
telephone networks have a common channel interoffice 
signaling (CC1S) system using signaling system 7 (SS7) 
signals. The input load to the internetwork from the tele- 
phone systems is monitored by monitoring the control 
signals in the SS7 network. When an overload condition 
occurs or appears imminent all or part of the load is switched 
from the trunk circuits of the telephone network to the SS7 
network following protocol translation and multiplexing 
with the control signals in the SS7 network. Provision is 
made for insuring excess capacity in the SS7 network before 
load is transferred. 

29 Claims, 19 Drawing Sheets 
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INTERNET TELEPHONE SERVICE WITH Internet based Autonomous Systems but have or use Dial- 

MEDIATION Up Networks such as SprintNet (X.25), DATAPAC and 

TYMNET. 

RELATED APPLICATIONS By way of current illustration MCI is both an ISP and an 

This application is a continuation-in-part of U.S. patent 5 'P'fP™ 1 is an , l c S £ * nd Microsoft (MSN) » «• 

applications Ser. Nos. 08/634,543, filed Apr. 18, 1996 and UUNET as an ISP. Other information providers, such as 

Ser. No. 08/698,713, filed Aug. 16, 1996, in the names of """versittes, are indicated I in exemplary fashion a. 424 and 

Robert D. Farris et al., for Internet Telephone Service. * re "nnecled to the AS/ISPs via the same type connections 

. here illustrated as Tl lines 426. Corporate Local Area 

This application is also related to application Ser. No. 10 Networks (LANs), such as those illustrated in 428 and 430, 

08/598,767, Analog Terminal Internet Access, filed Feb. 2, afC thr h routcrs 432 ^ 434 and ^ showQ 

1996, which is a continuation-in-part of applications Ser. asT1 lincs ^ m u t computers 440 and 442 are 

Nos. 08/353,281, filed Dec. 5 1994 (Attorney Ref. No. rcprC sentative of computers connected to the Internet via the 

680-085); Ser. No. 08/371,906, filed Jan. 12, 1995 Ser. No. switched telephone network (PSTN) are shown con- 

08/539,952, filed Oct. 6, 1995, and Ser. No. 08/557,749, 15 ^ tQ the via diaI ^ ^ aod ^ 

filed Dec. 13, 1995, and to application Ser. No. 08/634,544, _ T . . „ * . 

lt . 1 * x . u . n M 1 «i j a 10 Ine Inlormation Providers (Irs) constitute the end sys- 

Universal Access Multimedia Data Network, filed Apr. 18, . . t t , \ { _ , , / . 

1 oo/c u u 1 • „ „ • , . „ ■ „ * r t L tems which collect and market the miormation through their 

1996, which applications are assigned to the assignee or the . 

. . . , v a >, r. r _ _ ,. „ own servers. Access providers are companies such as 

instant application. The specifications of those applications , „ TVTT ^ ____ ; onnivnr , * t . r 

• ~™ K •„ K „ _r • tU • UUNET, PSI, MCI and SPRINT which transport the uifor- 

are incorporated herein by reference in their entirety. on L , , P f . 

mation. Such companies market the usage of their networks. 

TECHNICAL FIELD In simplified fashion the Internet may be viewed as a 

series of routers connected together with computers con- 

The present invention relates to methods and system nccted t0 tbe routes In tne addressing scheme of the 

structures for providing public and private telephone service internet an address comprises four numbers separated by 

over the Internet and more particularly relates to providing dots ^ examp i c wou i d ^ 164.109.211.237. Each machine 

such services through the public telecommunications system on tne m ternet has a unique number which constitutes one 

including over existing public switched telephone network of these four numbers . In me address the leftmost number is 

facilities (PSTN) including existing copper telephone lines. me highest number. By analogy this would correspond to the 

n run Ti\m 30 co ^ e m a ma ^ m S address. At times the first two numbers 

BACKGROUND constitute this portion of the address indicating a network or 

Attention recently has been directed to implementing a ^calt. That network is connected to the last router in the 

voice telephone service over the worldwide network now transport path. In differentiating between two computers in 

commonly known as the Internet. The Internet had its me sa^ destination network only the last number field 

genesis in U.S. Government (called ARPA) funded research 35 changes. In such an example the next number field 211 

which made possible national internetworked communica- identifies the destination router. When the packet bearing the 

tion systems. This work resulted in the development of destination address leaves the source router it examines the 

network standards as well as a set of conventions for first two numbers in a matrix table to determine how many 

interconnecting networks and routing information. These hops are the minimum to get to the destination. It then sends 

protocols are commonly referred to as TCP/IP The protocols 40 toe packet to the next router as determined from that table 

generally referred to as TCP/IP were originally developed and the procedure is repeated. Each router has a database 

for use only through Arpanet and have subsequently become table that finds the information automatically. This continues 

widely used in the industry. TCP/IP is flexible and robust, in until the P acket arrives at the destination computer. The 

effect, TCP takes care of the integrity and IP moves the data. separate packets that constitute a message may not travel the 

Internet provides two broad types of services: connection- 4S samc P ath depending on traffic load. However they all reach 

less packet delivery service and reliable stream transport & c same destination and are assembled in their original 

service. The Internet basically comprises several large com- 0I "dcr in a connectionless fashion. This is in contrast to 

puter networks joined together over high-speed data links connection oriented modes such as frame relay and ATM or 

ranging from ISDN to Tl, T3, FDDI, SONET, SMDS, OT1 , voice. 

etc. The most prominent of these national nets are MILNET 50 One or more companies have recently developed software 
(Military Network), NSFNET (National Science Foundation for use on personal computers to permit two-way transfer of 
NETwork), and CREN (Corporation for Research and Edu- real-time voice information via an Internet data link between 
cational Networking). In 1995, the Government Accounting two personal computers. In one of the directions, the sending 
Office (GAO) reported that the Internet linked 59,000 computer converts voice signals from analog to digital 
networks, 2.2 million computers and 15 million users in 92 55 format. The software facilitates data compression down to a 
countries. rate compatible with modem communication via a POTS 
Referring to FIG. 11 there is shown a simplified diagram telephone line. The software also facilitates encapsulation of 
of ihe Internet. Generally speaking the Internet consists of me digitized and compressed voice data into the TCP/IP 
Autonomous Systems (AS) which may be owned and oper- protocol, with appropriate addressing to permit communi- 
ated by Internet Service Providers (ISPs) such as PSI, 60 cation via the Internet. At the receiving end, the computer 
UUNET, MCI, SPRINT, etc. Three such AS/ISPs are shown and software reverse the process to recover the analog voice 
in FIG. 11 at 410, 412 and 414. The Autonomous Systems information for presentation to the other party. Such pro- 
(ASs) are linked by Inter-AS Connections 411, 413 and 415. grams permit telephone-like communication between Inter- 
Information Providers (IPs) 416 and 418, such as America net users registered with Internet Phone Servers. 
Online (AOL) and Compuserve, are connected to the Inter- 65 The book "Mastering the Internet", Glee Cady and Pat 
net via high speed lines 420 and 422, such as T1/T3 and the McGregor, SYBEX Inc., Alameda, Calif., 1994, ISBN 
like. Information Providers generally do not have their own 94-69309, very briefly describes three proprietary programs 
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said to provide real-time video and voice communications module interface for computer based conferencing system, 

via the Internet. An interface connects the upper-level data link manager 

U.S. Pat. No. 4,872,197, issued Apr. 21, 1987, to Dorsey with the communications driver, 

et al., titled Verbal Computer Terminal System, describes a Koltzbach et al. U.S. Pat. No. 5,410,754, issued Apr. 25, 

system for providing voice telephone access to computers. 5 1995, for Bi- Directional Wire Line to Local Area Network 

The system is one wherein remote computers of a conven- Interface and Method, discloses a bi-directional wire-line to 

tional type may be addressed or accessed by multiple DTMF local area network interface. The system incorporates means 

telephones and respond or provide output to such telephones for packet switching and for using the internet protocol (IP), 

in the form of speech derived from the data bases of the ^ me use 0 f (he internet for a multitude of business and 

respective computers. The system includes means between 10 C0DSumer p Urp0S es has grown traffic problems and bottle- 

the standard computer and the DTMF input and analog nec ks have appeared and increased in seriousness. As the 

audio output for emulating computer terminals acceptable to success of commercial Internet Service Providers (ISPs) has 

the host computer, for example for converting text data from expanded their network traffic has grown to the extent that 

the computers into speech signals transmissible over tele- service is slow and detrimental to efficient usage as well as 

phone line to a caller. *5 to CODtmuec j expansion. At the same time that overload has 

Several providers of Internet telephony software now been experienced on the Internetwork side it is now clear 

offer along with the software the use of Internet Phone that isolated but growing overloading is beginning to occur 

Servers. These servers, usually in distant cities, are available in the telephone network connection to the ISPs and to 

for users of the software to choose in order to connect to routers of the telephone companies providing Internet 

connect to the Internet Phone Network of the particular 20 access. This presents a serious problem to the ability of the 

software provider. In a sense, the servers fulfill the function consumer to avail themselves of the efficient and economical 

of a phone directory to access other Internet Phone users. advantages that the Internet is capable of providing. 
When users of the software connect to the Internet Phone 

server they are provided with a list of other connected users. Disclosure of the Invention 

From this list a choice may be made and the user can make 25 

calls to the other connected parties. In addition to this OBJECTS OF THE INVENTION 

telephone directory type listing the connected users are also h fa a primary object of the present mvention to provide 

listed under subhsts of topics of conversation. Thus the enhanced access to the Internet through existing public 

service is similar to the so called "chat rooms" that are switched telephone network plant, equipment and infrastruc- 

available from ISPs for keyboard to keyboard communica- mre 

lion. The obvious shortcoming of the service from a tele- * . . «. t c . . . A . , , 

phony standpoint is an inability to make a call to a telephone 11 . 15 anolher . of ,! he mvc f ° n ° P rovl ? 6 ^ 

subscriber who may or may not own a computer or who may s ? vi0e t0 ^ hl P> W** use ° f tbe l nteraet fo / 

not be on line at the time that the calling party desires to P hoD y ^nmmcation as well as the wide range of other 

. ... , . . 35 types of Internet data transfer and communication services 
establish a contact. 

available. 

Palmer et al. U.S. Pat. No. 5,375,068, issued Dec. 20, ¥ . . mjt 

1994 for Video Teleconferencing for Networked Worksta- } l f ^ ob ^ X of the present mvention to provide such 

tions discloses a video teleconferencing system for net- te ephone service via the Internet to users of the public 

worked workstations. A master process executing on a local telecommunications network either with or without access to 

processor formats and transmits digital packetized voice and 40 a »"P*« ^ d Wlth or wlt hout *P**tz telephone user 

video data, over a digital network using TCP/IP protocol to access to tne Intemet - 

remote terminals. It * s another object of the invention to provide the general 

Lewen et al. U.S. Pat. No. 5,341,374, issued Aug. 23, P ubHc ^ an economical and convenient telephone service 

1994 for Communication Network Integrating Voice Data A , via the Internet without requinng the possession of comput- 

and Video with Distributed Call Processing, discloses a local in S equipment or familiarity with the Internet or its meth- 

area network with distributed call processing for voice, data o6oXo ^ on ^ part of the user. 

and video. Real-time voice packets are transmitted over the It is yet another object of the invention to provide the 

network, for example to and from a PBX or central office. public with impulse access to the Internet for voice com- 

Hemmady et al. U.S. Pat. No. 4,958,341, issued Sep. 18, 50 munications without requiring maintenance of a subscrip- 

1990 for Integrated Packetized Voice and Data Switching ^ t0 an Ioterne t access service. 

System, discloses an integrated packetized voice and data It another object of the invention to provide improved 

switching system for a metropolitan area network (MAN). access to the Internet through the public switched telephone 

Voice signals are converted into packets and transmitted on network (PSTN) through maximization of the use of the 

the network. Tung et al. U.S. Pat. Nos. 5,434,913, issued Jul. 55 usage of all feasible communication links now existing in 

18, 1995, and 5,490,247, issued Feb. 6, 1996, for Video the PSTN, including usage of the common channel interof- 

Subsystem for Computer Based Conferencing System, dis- fice signaling (CCIS) network in a unique manner, 

close an audio subsystem for computer-based conferencing. It is another object of the invention to provide such access 

The system involves local audio compression and transmis- while minimizing or preventing overload in PSTN through 

sion of information over an ISDN network. 60 the utilization of multiple types of paths through the PSTN 

Hemmady et al. U.S. Pat. No. 4,872,160, issued Oct. 3, with a mediated division of load based on predictive traffic 

1989, for Integrated Packetized Voice and Data Switching monitoring. 
System, discloses an integrated packetized voice and data 

switching system for metropolitan area networks. SUMMARY OF THE INVENTION 

Sampat et al. U.S. Pat. No. 5,493,568, issued Feb. 20, 65 A public switched telephone network utilizing program 

1996, for Media Dependent Module Interface for Computer controlled switching systems controlled by common channel 

Based Conferencing System, discloses a media dependent interoffice signaling (CCIS) and preferably an advanced 
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intelligent network (AIN) CCIS system is arranged in an FIG. 11 is a simplified diagram of the Internet, 
architecture to provide a methodology for facilitating tele- pjQ 12 is a block diagram of a Public Switched Tele- 
phone use of the Internet by customers on an impromptu p h one Network and its SS7 CCIS control network, 
basis. Provision is made to permit a caller to set-up and carry F , GS 13 aod u iHustrate m hic and ubular form the 
out a telephone call over the Internet from telephone station 5 ^ of ^ ss? daU si L 
to telephone station without access to computer equipment __ .„ , . . . 
and without the necessity of maintaining a subscription to ™. 15 Urates • P^ket carrying digital message, 
any Internet service. Billing may be accomplished on a per w ^ich may constitute voice information, according to the 
call basis. The calls may be inter and intra LATA, region or invention. 

state and may be nationwide. Usage is made of CCIS 10 FIG- 16 shows in detail a Public Switched Telephone 

signaling to set up the call and establish the necessary Network (PSTN) common channel interoffice signaling 

Internet connections and addressing. Calls may be made (CCIS) network and associated monitor network arranged 

from telephone station to telephone station, from voice according to one preferred embodiment of the invention, 

capable computer to voice capable computer, or from tele- FIG. 17 shows a simplified block diagram of an electronic 

phone to computer or computer to telephone. 15 program controlled switch which has been modified to serve 

In addition to the foregoing, the invention provides as aQ SS p type central end office in the system of FIG. 16. 

enhanced access to the Internet both over Internet access FIGS. 18A, 18B, 18C, and 18D illustrate in flow diagrams 

provided by a telephone company (Telco) over its Internet one mode of operation of the embodiment of the invention 

access via a public switched telephone network, as well as shown in FIG. 1. 
over the access facilities of other Internet service providers. 20 

Such enhanced access is obtained through a unique use of BEST MODE FOR CARRYING OUT THE 

the PSTN common channel interoffice signaling (COS) INVENTION 

network to not only perform its conventional telephone Modern Public Switched Telephone Networks (PSTNs) 

network control function but also to carry communication are generally implemented using an Advanced Intelligent 

signals from the Telco connected telephone or other terminal 25 (Ajty t ype architecture. One example of such an 

to the Internet server. Thus, in the case of Internet telephony, AIN system in a typical PSTN appears in simplified block 

the CCIS network carries both the normal CCIS packet data diagram form in FIG. 2. 

signals in addition to packetized voice signals. According to In this eX ample central office switches or COs may be 

one feature of the invention the telephone load to the Internet 1()cated throughout a ^ate. telephone lines connect 

servers may be monitored on a continuous basis so as to ™ individual telephone stations in each geographic area to the 

detect a developing overload condition whereupon the traffic dosest office Eacfa central office connects via tnin k 

is directed from the voice trunks to the common channel circuits t0 onc or morc of thc Qther CQs> md eacfa c0 has 

signaling network. However the methodology of the inven- a Common Channel Interoffice Signaling (CCIS) data link to 

tion is such that the monitoring insures that the CCIS a sigrjalitlg Transfer Point (STP) . Th c trunk circuits carry 

network possesses ample spare capacity before any diver- 35 ^ Qmnbcr s of telephone calls between the central offices. 

CCIS data communication is provided via links to signaling 
transfer points (STPs). 

An AIN PSTN may be implemented with one or more 

FIG. 1 is a simplified block diagram showing a represen- ^ Integrated Service Control Points (ISCPs) per state, as in the 

tation of one combination of the Internet with the facilities FIG. 2 implementation, to avoid overloading existing CCIS 

of one or more public switched telephone companies in data links. Alternatively, the ISCP could be implemented on 

which the new system and method of the invention may be a LATA by LATA basis or on a regional operating company 

utilized. basis, i.e., one data base for the entire geographic area 

FIG. 2 is a simplified block diagram of a Public Switched 45 serviced by one of the Regional Bell Operating Companies. 

Telephone Network (PSTN) having a Common Channel In fact, if federal regulations permitted, the data base service 

Interoffice Signaling (CCIS) system in the form of an could be nationwide. 

Advanced Intelligent Network (AIN) system. Referring to FIG. 2, each of the central offices are labeled 

FIG. 3 is a simplified block diagram of an electronic as an "SSP." The Service Switching Points, referred to as 

program controlled switch which may be used as any one of so SSPs, are appropriately equipped programmable switches 

the SSP type central offices in the system of FIG. 2. present in the telephone network, which recognize AIN type 

FIG. 4 shows the functional architecture of one embodi- calls, launch queries to the ISCP and receive commands and 

ment of a network for use in providing telephone service data from the ISCP to krther process the AIN calls, 

over the Internet using the system and method of the SSPs can be programmed to recognize a number of 

invention. 55 different triggers as an indication that a call is an AIN call. 

FIG. 5 shows in diagrammatic form the functional archi- ™ e '"«« ™° folate to the terminating station or to the 

lecture of one embodiment of an Internet Module for use in 'deification of the telephone line from which a call or other 

the invention request for service originates, or to the action to be per- 

, - .,, . t .„ - a . . formed by the SSP. As an example, for providing Area Wide 

HGS f 6 and 7 illustrate in simplified flow diagrams one 6Q Ce a number q£ ^ afe desi ted as members of a 

mode of operation of the system of FIG. 4. bus ^ grQup by ^ ^ wirfe Ceotrej£ ^ 

FIG. 8 illustrates another mode of operation of the system SSPs ^ n AIN type servicing based on origination of 

of FIG. 4 in simplified flow diagram form. ^ ^ or ^ice request from a line designated as a 

FIG. 9 illustrates in block diagram form another embodi- member of one of the business groups subscribing to Area 

ment of an Internet Module for use in the invention. 6 5 Wide Centrex. Further explanation of this operation will be 

FIG. 10 shows a still further mode of operation of the found in U.S. Pat. No. 5,247,571, issued Sep. 21, 1993, 

system of the invention in simplified flow diagram form. which is incorporated herein by reference. 


sion occurs. 

DESCRIPTION OF THE DRAWINGS 
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As shown in FIG. 2, all of the central offices U, 13, 15 and thereto to selectively connect the requesting line to another 

17 are equipped and programmed to serve as SSPs. Such selected local communication line. The connection can be 

central office switching systems typically consist of a pro- made locally through only the connected central office 

grammable digital switch with CCIS communications capa- switching system. For example, for a call from station A to 

bilities. One example of such a switch is a 5ESS type switch 5 stau * on B lhc SSP u prov ides the call connection without 

manufacturedbyAT&T;butothervendors,suchasNorthern any conncclion to ^ther central office. When the called 

Telecom and Seimens, manufacture comparable digital linc to a distant statiori( for examplc whcn station 

switches which could serve as the SSPs. The lUustrated A ^ statioQ Q ^ 00Baetidon u made ^ugi the 

embodiment ^ perhaps an ideal implementation in making conQected office swi(chi ^ 

each central office an SSR Other implementations provide tn . , tU 4 . „ & . ' t _„„ „ 

the SSP functionality only at selected points in the network, 10 °"t ° ^ t office switching system SSP 13 

and end offices without such functionVkty forward calls to ^ h ^ tele P hone trunks Connection the two central 

one of the SSPs. ° ffices ' 

The implementation of FIG. 2 includes a number of the F1G ' 3 » a simplified block diagram of an electronic 

SSP capable central office switches, such as the SSPs shown f « P«>&?» strolled switch which may be used as any one of 

at 11, 13, 15, and 17. The SSP type central offices arc each 15 ? e ^ CGnlTal offices m *** s > rstem of nG 2 - 

at a different location and distributed throughout the area, grated, the central office switch includes a number of 

region or country served by the system. The SSPs 11 and 13 dlfferent ^ of modules. In particular, the illustrated 

connect to a first local area STP 23, and the SSPs 15 and 17 ***** mc J udes interface modules 551 < 0D ]y two of which 

connect to a second local area STP 25. The connections to „ are shown )> a communications module 553 and an admin- 

the STPs are for signaling purposes. As indicated by the *trative module 555. 

black dots below STPs 23 and 25, each local area STP can The interface modules 551 each include a number of 

connect to a large number of the SSPs. In FIG. 2 the central interface units 0 to n. The interface units terminate lines 

offices or SSPs are interconnected to each other by trunk fr° m subscribers* stations, trunks, Tl carrier facilities, etc. 

circuits for carrying telephone services. Where the interfaced circuit is analog, for example a sub- 

The local area STPs 23 and 25, and any number of other 2$ scriber loo P' the interface unit will provide analog to digital 

such local area STPs shown as black dots between STPs 23 conversion and digital to analog conversion. Alternatively, 

and 25, communicate with a state or regional STP 31. The me Kncs or t™^ ma y protocols such as Tl or 

state or regional STP 31 in turn provides communications ISDN * Each interface module 551 also includes a digital 

with the ISCP 40. The STP hierarchy can be expanded or 30 service unit (not shown) which is used to generate call 

contracted to as many levels as needed to serve any size area progress tones. 

covered by the system. The links 23 and 25 between the Each interface module 551 includes, in addition to the 
central offices and the local area STPs are dedicated CCIS noted interface units, a duplex microprocessor based module 
links, typically SS#7 type interoffice data communication controller and a duplex time slot interchange, referred to as 
channels. The local area STPs are in turn connected to each 3S a TSI in the drawing. Digital words representative of voice 
other and to the regional STP 31 via a packet switched information are transferred in two directions between inter- 
network. The regional STP 31 also communicates with the face units via the time slot interchange (intramodule call 
ISCP 40 via a packet switched network. connections) or transmitted in two directions through the 
The messages transmitted between the SSPs and the ISCP network control and timing links to the time multiplexed 
are all formatted in accord with the Transaction Capabilities 40 switch 557 and thence to another interface module 
Applications Protocol (TCAP). The TCAP protocol provides (intermodule call connection). 

standardized formats for various query and response mes- The communication module 553 includes the time mul- 

sages. Each query and response includes data fields for a u'plexed switch 557 and a message switch 559. The time 

variety of different pieces of information relating to the multiplexed switch 557 provides time division transfer of 

current call. An initial TCAP query from the SSP includes, 45 digital voice data packets between voice channels of the 

among other data, a "Service Key" which is the calling interface modules 551 and transfers data messages between 

party's address and digits representing the called party the interface modules. The message switch 559 interfaces 

address. TCAP also specifies a standard message response the administrative module 555 to the time multiplexed 

format including routing information, such as primary car- switch 557, so as to provide a route through the time 

rier ID, alternate carrier ID and second alternate carrier ID 50 multiplexed switch permitting two-way transfer of control 

and a routing number and a destination number. The TCAP related messages between the interface modules 551 and the 

specifies a number of additional message formats, for administrative module 555. In addition, the message switch 

example a format for a subsequent query from the SSP, and 559 terminates special data links, for example a link for 

formats for "INVOKE" responses for instructing the SSP to receiving a synchronization carrier used to maintain digital 

play an announcement or to play an announcement and 5S synchronism. 

collect digits. Xhe administrative module 555 includes an administrative 
As shown in FIG. 2, the ISCP 40 is an integrated system. module processor 561, which is a computer equipped with 
Among other system components, the ISCP 40 includes a disc storage 563, for overall control of central office opera- 
Service Management System (SMS) 41, a Data and Report- tions. The administrative module processor 561 communi- 
ing System (DRS) 45 and the actual data base or Service eo cates with the interface modules 551 through the commu- 
Control Point (SCP) 43. The ISCP also typically includes a nication module 555. The administrative module 555 also 
terminal subsystem referred to as a Service Creation Envi- includes one or more input/output (I/O) processors 565 
ronment or SCE for programming the data base in the SCP providing interfaces to terminal devices for technicians, 
43 for the services subscribed to by each individual business such as shown at 566 in the drawing, and data links to 
customer. 65 operations systems for traffic, billing, maintenance data, etc. 

Each central office switching system normally responds to A CCIS terminal 573 and an associated data unit 571 provide 

a service request on a local communication line connected a signaling link between the administrative module proces- 
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sor 561 and an SS7 network connection to an STP or the like FIGS. 6 and 7. According to this embodiment an Internet 

(see FIG. 2), for facilitating call processing signal commu- connection is used to link a calling to a called telephone 

nications with other central offices and with the ISCP 540. without the necessity of either party possessing or using 

As illustrated in FIG. 3, the administrative module 555 personal or office computer equipment. The subscriber in 

also includes a call store 567 and a program store 569. 5 this example uses the POTS station at 56 to initiate an 

Although shown as separate elements for convenience, these Internet call to a called party at the POTS station 58. The 

are typically implemented as memory elements within the caller goes off-hook and dials *82. This prefix has been 

computer serving as the administrative module processor established by the Telco offering the service as a predesig- 

561. For each call in progress, the call store 567 stores nated prefix with which the public may initiate an Internet 

translation information retrieved from disc storage 563 1Q telephone call. The dialing of the prefix *82 is followed by 

together with routing information and any temporary infor- the dialing of the directory number of the called party at the 

mation needed for processing the call. The program store station 58. 

569 stores program instructions which direct operations of As is illustrated in the method shown in FIG. 5, the calling 

the computer serving as the administrative module proces- party goes off-hook and dials the prefix *82 at 100. At 102 

sor. the central office switching system responds to an off-hook 

Referring to FIG. 4 there is shown a simplified block and receives the dialed digits from the calling station. At 104 

diagram of an AIN controlled PSTN, such as the type shown me central office switching system analyzes the received 

in more detail in FIG. 2, which includes architecture for di S its and determines from the prefix *82 that the call is an 

implementing one preferred embodiment of the invention. Internet call. Responsive to its programming it knows that 

Referring to that figure there are shown two SSP capable 20 me ca *l must De completed through a remote central office 

central offices 50 and 52 which may be located in the same and that further processing is necessary. At 106 the local or 

or different states and regions. These central offices are originating central office suspends the call and at 108 sends 

connected by trunks indicated at 54 and 55 to the PSTN a CCIS query message through one or more of the STPs. 

indicated by a cloud 57. Each central office is connected by The query message goes to the central office to which the 

local loops to subscribers customer premises equipment 25 called station is connected. The receiving or destination 

(CPE) such as telephone terminals 56 and 58. These may be central office receives the query and determines at 110 

basic instruments for providing Plain Old Telephone Service whether or not the called station at 58 is busy. If the called 

(POTS). The subscriber premises are also shown as having station is busy, the receiving central office so informs the 

personal computers (PCs) 60 and 62 connected to the local originating central office at 112. At 114 the originating 

loops via modems 64 and 66. The SSPs associated with the 30 central office provides a busy signal to the calling station, 

central offices 50 and 52 are connected by CCIS links to an If the called station is not busy, the receiving central office 

STP which in turn may be connected to an ISCP. While the busies out the called station line by blocking all calls at 116. 

STP functionality is here shown as constituting a single STP The receiving or destination central office then informs the 

it will be appreciated that this is for the purpose of simplicity originating central office that the called line is available and 

only and that a hierarchy of STPs may be involved. 35 waiting at 118 and that the processor in the Internet Module 

According to this embodiment of the invention each of the associated with the central office 52 is available, 

central offices 50 and 52 is provided with an Internet Module An Internet virtual connection is then established between 

here indicated at 72 and 74 connected by Tl trunks 76 and the calling and called stations at 120 as presently will be 

78. Alternatively the Internet Module hardware may be described in detail. The receiving or destination central 

situated at the central office and associated with the switch- 40 office provides a ringing signal to the called station and the 

ing system. The Internet Modules may be provided with SSP originating central office sends ringback tone back through 

capabilities and connected into the CCIS network as indi- the local loop to the calling station at 122. When the called 

cated by the links to the illustrative STP 80. The SSPs station goes off- hook and the Internet virtual connection is 

serving the Internet Module are inter-connected with the completed the conversation via the Internet can commence, 

central office SSPs and CCIS network as shown here by 45 Referring next to the flow diagram in FIG. 7 one embodi- 

illustrative links 79 and 81. The Internet Modules may be me nt of the set up of the Internet connection is now 

linked for signaling purposes by conventional F links indi- described. When the originating central office receives from 

cated at 82. The Internet Modules are connected to the the destination central office the CCIS signal announcing 

Internet cloud by T1/T3 trunks 86 and 88. that the called station is available and waiting, the original- 

The functional architecture of one embodiment of an 50 ing central office may send a CCIS message to the Internet 

Internet Module for use in the invention is shown diagram- Module 72 and the processor interface 87 to the router 85. 

matically in FIG. 5. The Internet Module, generally indi- This message delivers the directory numbers of the calling 

cated at 83, includes a router 85 of the type now generally station and the called station and requests establishment of 

used in Internet practice, such as shown in FIG. 1 and an Internet connection (or virtual connection) between the 

described in related application Ser. No. 08/634,544 55 two. 

(Attorney Docket No. 680-170) referenced above. For per- The processor interface and router may then react to 

forming some functions according to certain embodiments receipt of that CCIS signal and request the temporary 

of the invention the router may be provided with an interface assignment of Internet addresses for the processors associ- 

with processing capability as illustratively shown at 87. ated with the respective central offices. Upon completion of 

Connected to the router are a Domain Name Service (DNS) eo the assignment of the addresses the processor 87 may send 

server 89 and a Dynamic Host Configuration Protocol a CCIS signal to the originating central office advising of 

(DHCP) server 91 of the type conventionally used by that fact. This CCIS or SS7 communication between the 

Internet Service Providers in existing Internet Service. The originating central office and the originating Internet Module 

router interface is connected to the central office and to the is indicated at 124. When the originating central office 

CCIS network while the router is connected to the Internet. 65 receives the message that the addresses have been assigned 

One mode of operation of the system of FIG. 4 is now the switching system connects the originating local loop to 

described in relation to the simplified flow diagrams of the Internet Module 72. This connection is indicated at 126. 
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As an alternative to this connection procedure the origi- billing information to the switch journal which indicates that 

nating central office may establish the line or trunk connec- an Internet call has been initiated and that may be recorded 

lion to the Internet Module 72 immediately upon receipt of in the conventional manner. The DHCP server may also 

the CCIS signal indicating that the called station is available incorporate a billing capability which may be utilized as an 

and waiting. In this alternative the originating central office 5 alternative to journal billing if desired. Thus the DHCP 

then sends the directory numbers of the calling and called ma y a clocking mechanism upon the assigning 

stations along with a request to establish an Internet con- of the IP addresses to start the clock for charging the 

nection or virtual connection between the two stations for a customer. When the IP address is released tolling of the 

voice communication session either via the line or trunk ^SKST* * ^ StamPmS l ° 

connection to the Internet Module 72 or via the CCIS link to 10 ! . " , - . . 

the Internet Module Another mode of operation of the system of FIG. 4 is now 

. described in relation to the simplified flow diagram of FIG. 

Following either of the foregoing embodiments of the 8 A using thc P0 TS station at 56 as an originating 

initial connection steps, the Internet Module router 85 in the statioD desires a voice connection to a called party on the 

Internet Module 72 sends a request for the assignment of premises of the POTS station 58. The calling party is aware 

temporary IP addresses for the two directory numbers to the « ^ {h& proposed called party Qas at mose premises a 

DHCP server 91 as indicated at 128. The DHCP server hears personal computer with voice capabilities and has knowl- 

the message and offers an IP address for each directory edge of tQe i nternet domain or hostname address of the 

number for a certain time period which may be determined proposed called party 

by the router or the server T*e router may request a The Tdco offerin the of lQe mvention has 

specified time penod and the DHCP server may decline and 20 ^ x ^ fof g ^ ^ tQ ^ ^ ^ ^ ^ 

offer a longer or shorter penod, seeking mutual agreement. been described in tne pre viously discussed example. In this 

V£ 0n a ^ mcnnhc Presses are accepted and assigned at embodiment the Telco also establishes a second prefix *83 

130. At 132 originating Internet Module 72 tnprs a CCIS fof voice communication from telephone to a voice capable 

message to the destination Internet Module 74 which computer p 0Ssessi ng an Internet address. The com munica- 

includes the temporary IP address assigned to the called ™ ^ establishment is hcrc commcnced b thc ^ rty 

directory number and associated processor. going off _ nook and dialiflg tQe pfefix +g3 at 200 

As an alternative to the obtaining of an Internet address M 2 Q2 the central office switching system at the origi- 

for the processor associated with the receiving central office nating central office reS ponds to an off-hook and receives the 

at the originating central office switching system and its ^ dialed digits from me ca^g sta tion. At 204 the central 

associated Internet Module the address may be obtained at office sw i tcrung system analyzes the received digits and 

the receiving central office switching system and its asso- determines from the prefix *83 that the call is an Internet call 

ciated Internet Module and communicated to the originating from a telephone station caller to a computer terminal at the 

central office switchmg system via the common channel customer premises of the called party. Responsive to its 

signaling link. ^ programming the originating office switching system knows 

As the conversation commences the originating Internet that the call must be completed through a remote central 

Module 72 is receiving from the originating central office 50 office and that further processing is necessary. At 206 the 

over the trunk connection digitized speech in DS0 format. local or originating central office suspends the call and at 

The Internet Module implements the function of a packet 208 sends a CCIS query message through one or more of the 

assembler and disassembler or PAD and assembles packets ^ STPs. 

in TCP/IP format. This is indicated at 134. The packets bear The query message goes to the central office to which the 

the source and destination IP addresses and the digitized ca n e( j station is connected as determined by the called 

speech payload. The packets are dispatched from the origi- directory number that was dialed by the caller. The receiving 

nating router 85 onto the Internet and are delivered to the or destination central office receives the query and deter- 

destination router and Internet Module 74. The receiving 45 mmes at 210 whether or not the local loop to the premises 

router and associated processor have the directory Qumber of G f the station at 58 is busy. If the called local loop is busy, 

the called party and the matching IP address which were me receiving central office so informs the originating central 

obtained via CCIS signaling from the originating router as 0 ffice at 212. At 214 the originating central office provides 

indicated at step 132 described hereinabove. a busy signal to the calling station. 

The destination router and its processor interface perform 50 If the called local loop is not busy, the receiving central 

the inverse function of the originating router and make the office seizes the line. Upon the line going off hook the 

necessary translation of the TCP/IP packets to DS0 format destination central office delivers a voice prompt to the 

which is delivered over the destination trunk to the desti- responding party to activate the CPE computer to accept an 

nation central office. The switching system in that office Internet voice call. The central office also prompts the 

converts the DS0 to analog and delivers the analog speech 55 responding party to confirm that this has been accomplished, 

signal over the destination local loop to the destination This is shown at step 216. A distinctive ring may be used in 

telephone station 58. The responsive speech signal from the lieu of the prompt or together with the prompt to alert the 

destination telephone station is processed in inverse fashion receiving party that a telephone call is arriving via the 

by the destination central office switching system and des- Internet and that it will be handled by microphone and 

tination Internet Module and delivered to the Internet in 60 speaker associated with the sound card in the called parly's 

TCP/IP format. The originating Internet Module and central computer. 

office switching system also act in inverse fashion to deliver The receiving or destination central office then informs 

to the originating telephone station an analog voice signal. me originating central office that the called line is available 

The packet exchange is indicated in FIG. 7 at 136. The two a nd that the computer is waiting at 218. As an alternative to 

way transfer of voice signals is indicated at 138. 65 this procedure the destination central office may alert the 

Upon the establishment of the line/trunk connection to the called computer by applying an alert signal between the 

Internet Module the originating central office may send tones of the ringing signal. 
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The originating central office issues a voice prompt to the At 302 the central office switching system at the origi- 

calling party requesting that party to spell out the domain or nating central office responds to the off-hook and receives 

hostname of the called party and immediately completes the the dialed digits from the calling station. At 304 the central 

trunk connection from the originating central office to the office switching system analyzes the received digits and 

originating Internet Module. This step is shown in FIG. 8 at 5 determines from the prefix *84 that the call is an Internet call 

220. Simultaneously the originating central office alerts the from a computer station caller to a computer terminal at the 

originating Internet Module that a domain or hostname call customer premises of the called party. Responsive to its 

has been initiated and sends the directory numbers of the Programming the originating office switching system knows 

caffingandcalledparty.'n 1 isparallelstepisindicatedat222. * at th K e cal1 raust * ^ ltM A l ro ™ \ local «>W 

. . through a remote central office and that further processing is 

In this embodiment of the invention the Internet Module 10 neccssary At ^ lhc loca , Qr originating officc 

is provided with a processor interface to the router which suspends the call and at 308 sends a CCIS query message 

includes a voice recognition card to translate the incoming through one or more of the STPs. 

address to a TCP/IP format signal. An Internet Module of ^ query message goes to the office to which the 

this type is illustrated in FIG. 9 where the voice card is called statioQ ^ connect ed as determined by the called 

shown at 201. Hie arriving address signal is delivered by the is directory number that was dialed by lhe raUer ^ receiving 

voice card and processor interface to the router 85. This step or destina tion central office receives the query and deter- 

is shown at 224 in FIG. 8. mines al 310 whether or not me i ocal i oop to tne premises 

The router requests a domain name translation from the 0 f the computer 62 is busy. If the called local loop is busy, 

DNS server 89. This is indicated at step 226. At substantially the receiving central office so informs the originating central 

the same time the router broadcasts a request for a temporary 20 at 312. At 314 the originating central office provides 

IP address for the calling directory number. This is indicated a DUS y signal to the calling station. 

at step 228. The DHCP server provides the caller with a If the called local loop fc not busy ^ the rece i villg aQta \ 

temporary IP address from the pool of addresses supplied by office the line Upon mc Mnc going off hook the 

the Internet Service Provider which in this case is the Telco. destination central office delivers a voice prompt to the 

The DHCP server selects an address from the pool and sends responding party to activate the CPE computer to accept an 

the address to the router at 230. Internet voice call. The central office also prompts the 

The Domain Name Service (DNS) server provides the responding party to confirm that this has been accomplished, 

translation from the domain or host name supplied by the The trunk connection from the destination central office to 

caller into an IP address. Since each site maintains its own ^ the destination Internet Module is completed. This is shown 

server no single site on the Internet is in possession of all of at step 316. 

the translation data. The overall data constitutes a distributed A distinctive ring may be used in lieu of the prompt or 

database and relies on the servers at the individual sites. together with the prompt to alert the receiving party that a 

Access to the DNS is through a resolver and software library telephone call is arriving via the Internet and that it will be 

functions. The function in this case takes a domain name or ^ handled by microphone and speaker associated with the 

hostname and returns an IP address. The functionality also card in me calied part y> s computer. As a still further 

is capable of providing the inverse function of taking an IP alternative the destination central office may send a wake-up 

address and returning a hostname. or a i er ting signal to the called computer between the ringing 

The IP address is sent by the DNS server to the router for signals. The receiving or destination central office then 

incorporation into the packets to be assembled and dis- ^ informs the originating central office that the called line is 

patched onto the Internet. This step is shown at step 232. The available and that the computer is waiting at 318. 

router and its processor interface again serve a PAD function The router at the originating Internet Module requests a 

and transmit and receive TCP/IPpackets to the Internet. This domain name translation from the DNS server 89. This is 

is indicated at 234. indicated at step 320. At substantially the same time the 

In this embodiment of the invention the originating Inter- 45 router broadcasts a request for a temporary IP address for the 

net Module and its processor interfaced router perform the calling directory number. This is indicated at step 322. The 

functions of signal compression and expansion as well as DHCP server provides the caller with a temporary IP address 

packet assembly and disassembly (PAD). Thus the incoming from the pool of addresses supplied by the Internet Service 

DS0 signals from the originating central office are com- Provider which in this case is the Telco. The DHCP server 

pressed from the 64 kbs DS0 rate to a 28.8 kbs modem rate 50 selects an address from the pool and sends the address to the 

assembled into TCP/IP protocol. The TCP/IP signals are router at 324. 

transmitted via the Internet to the destination Internet Mod- The Domain Name Service (DNS) server provides the 

ule 74. In this case the destination Internet Module may translation from the domain or host name supplied by the 

deliver the incoming TCP/IP signal direct to the computer ca n er into an IP address. This IP address is supplied to the 

modem 66. The voice communication may continue 55 r0 uter and its associated processor interface at 326. The 

between the caller using the telephone station al 56 and the router is now in possession of the necessary information to 

called party using the called computer at 62. perform it PAD function upon the data received from and 

A still further mode of operation of the system of the delivered to the calling computer 60. The Internet connec- 

invention is now described in relation to the simplified flow tion or virtual connection is established at 328 and the voice 

diagram of FIG. 10. According to this mode a voice con- 60 communication from computer to computer may proceed, 

nection may be established between a calling computer While this illustration of computer to computer voice 

which may not have Internet access or an Internet address. connection involved a calling computer without an Internet 

At 300 in FIG. 10 the calling PC 60 having voice address and a called computer with an Internet address it will 

functionality auto-dials the designated prefix which in this be obvious to those skilled in the art that the described 

case may be * 64. In addition to the prefix the computer dials 65 methodology is also applicable to set ups where neither 

the directory number of the called party and the domain or party has an Internet address as was the case with the 

hostname of the called CPE computer. telephone to telephone Internet connection. 
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Referring to FIG. 1 there is shown a variation of the at 614, 616, 618 and 620 as EOs 1-4 in FIG. 12. Each 

depiction of the Internet and telephone networks earlier signaling point has a point code comprising a 9 -digit code 

described in relation to FIG. 4. In FIG. 4 the Internet is assigned to every node in the network. In FIG. 12 EOl has 

depicted as connected to telephone subscriber stations 56 a point code of 246-103-001, E02 has a point code of 

and 58 directly through central offices 50 and 52 and Internet 5 246-103-002, E03 has a point code of 255-201-103, and 

modules or servers 72 and 74. As originally stated, this was E04 has a point code of 255-201-104. 

done for convenience of illustration through simplification. The end offices EOl and E02 represent end offices in the 

In practical fact the central offices 50 and 52 represent region of one regional operating company, while end offices 

telephone networks containing numerous central office and E03 and E04 represent end offices of the region of a 

other switches between the end points of connection. FIG. 1 10 different operating company. Each operating company has 

illustrates this fact by showing the same telephone sub- its own network ID, shown here as 246 for the left region 

scriber stations 56 and 58 as connected to central office and 255 for the right region in FIG. 12. The number 103 in 

switching systems 50 and 52 as constituting input/output end the designation 246-103-001, is the number of the cluster. A 

office switching systems or end offices for the telephone cluster can hold 32 SPs or members, the member being 

networks depicted as clouds PSTN-A and PSTN-B. The 1S designated by the final 3 numbers. Thus 246 may represent 

connections to the servers 72 and 74 are shown as the other C & Pof Virginia Regional Operating Company, cluster 103, 

input/output end office switching systems 50A and 52 A for member E02 for E02 when viewed from an SS7 standpoint, 

the clouds PSTN-A and PSTN-B. In between central or end The broken lines connecting the SPs together may be analog 

offices 50 and 52A in PSTN-A and in between central or end trunks or voice or similar circuits. The SPs in a given region 

offices 52 and 52A in PSTN-B are telephone networks of the 20 are connected together by local trunks 622, 624 and 626 in 

type shown and described in connection with FIG. 2. As the left region and 628, 630 and 632 in the right region. The 

previously described, each of these networks includes voice SPs in one region are connected to the SPs in other regions 

lines and trunks connecting the various SSPs or switches, in via inter-exchange carrier network trunks or ICN trunks 634 

addition to data links connecting to the common channel and 636 in FIG. 12 connected to Access Tandems (ATs) 638 

signaling data network. These networks include the STPs 25 and 640 (ATI and AT2). These SPs or ATs are shown as 

and ISCP which implement the control signaling which having point codes 246-103-003 and 255-201-101 respec- 

controls the trunked networks. tively. 

During periods of voice network congestion or traffic Referring to FIG. 12, the SS7 network 612 comprises a 

overload it is generally the trunked networks in the tele- series of Signal Transfer Points (STPs) shown here at 640, 

phone portion of the overall Interaet-PSTN combination 30 642, 644 and 646 designated STP1, STP2, STP3 and STP4. 

which become overloaded. According to the present inven- Each STP in a network is connected to the SPs in the 

tion this overload situation may be avoided by utilizing the network by A links indicated at 648, 650, 652 and 654. STP1 

common channel interoffice signaling (CCIS) network to and STP2 constitute a mated pair of STPs connected by C 

carry the overload as well as continue to perform its con- links 656 while STP3 and STP4 constitute a mated pair 

ventional signaling and control function. This is accom- 35 connected by C links 658, each mated pair serving its 

plished according to the invention without unintentionally respective transport area. It will be understood that there 

creating a congestion condition in the CCIS network. A clear may be multiple mated pairs per region, one for each 

understanding of the manner in which this may be accom- designated transport area. STP1 is connected to STP3 by B 

plished is facilitated if prefaced by a more detailed descrip- link 660 and to STP4 by D link 662. STP2 is connected to 

tion of the construction and operation of the common ^ STP4 by B link 664 and to STP3 by D link 666. 

channel interoffice signaling network. To this end attention As will be understood, the A, B, C and D links are 

is directed to FIGS. 12-14. physically identical with the designation relating to cost in 

The most used system for providing a Common Channel terms of ease of access. The A links represent the lowest 

Signaling Network (CCSN) in an Advanced Intelligent cost. B and D links have the same route cost with respect to 

Network (AIN) utilizes Signaling System 7 (SS7 ) protocol 45 SS7 so that the D designation is used only because it extends 

in a Packet Switched Data Network (PSDN) connecting diagonally in the drawing. The C links are used to commu- 

Network Elements (NE) via packet switched 56 Kb digital nicate between the two paired STPs for network manage- 

data circuits. In addition to providing call set signaling ment information and also constitute another route. The 

functions, the SS7 network also provides access to switching STPs in mated pairs have the same translations. Thus the 

control points (SCP's) used to permit line identification 50 translations in STP1 are the same as the translations in 

database (LIDB) look-up for 800 services. Class services STP2, and the translations in STP3 are the same as the 

also use the SS7 network to provide custom call features. translations in STP4. The C links communicate between the 

The latest services using the SS7 network comprise paired STPs for network management information and SS7 

Advanced Intelligent Network (AIN) services. AIN services message routing. The STP pair cannot function without the 

use the SS7 network to access an Integrated Switching 55 C links. Therefore, unnecessary utilization of the C links 

Control Point (ISCP) where AIN service functions are causes congestion and prevents the paired STPs from per- 

performed. forming their intended function. 

Referring to FIG. 12 here is shown a block diagram of a The STPs are connected to Signal Control Points (SCPs) 

public switched telephone network and the SS7 network that indicated in FIG. 1 as an SCP 668 and an ISCP 670. The 

is used to control the signaling for the switched network. 60 ISCP is an Integrated Signaling Control Point, which is 

Thus an analog switched telephone network is generally basically the same as an SCP but comprises a larger and 

indicated at 610 having a common channel signaling net- more powerful computer. AIN may also be regarded as 

work in the form of an SS7 network illustrated generally at another ISCP. SCPs are usually used for 800 and credit card 

612. The switched telephone network consists of a series of services with ISCPs being used for AIN. However, this is 

central offices which are conventionally referred to as sig- 65 optional. The ISCP may hold application information as well 

n aling points (SPs or SSPs) in reference to the SS7 network. as routing information whereas an SCP contains routing 

Certain of these SPs comprise end offices (EOs) illustrated information, i.e., routing tables. 
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The SS7 network coast itutes a highly redundant data codes that indicate that they have a function to perform, 

network, generally a 56K switched data circuit. By way of Upon recognizing such a point code the STP does a data 

example, an SS7 message from E02 to E04 might travel search and generates another SCP message to perform a 

any one of 8 possible routes. It could go from E02 to STP1, database dip. This returns the real telephone number and the 

from STP1 to STP3, STP3 to E04. One variation on that 5 STP now has the destination point code of the real telephone 

route would be from STP1 down the D link 662 to STP4 to number message. This is sent back to E02. STP1 determines 

E04, and so forth. In the event that a link between STP3 and that this message is not for me but for E02. The message is 

E04 was lost, an SS7 route could be established from E02 sent back down to E02. E02 now has a real telephone 

to E04 via STP1 to STP3 and then via C link 658 to STP4 number and the system performs the I AM and ACM pro- 

to E04. However, that would be an undesirable route in 1Q cedure all over again to set up the call. The only difference 

unnecessarily using the C link. A links provide direct con- between a regular direct call and an 800 call is the necessity 

nectivity while C links provide circuitous routes using extra to perform the dip to obtain the real number first. This 

switches, a situation to be avoided. An alternate route would procedure takes about 13 seconds because of the additional 

be from STP1 via D link 662 to STP4 to E04. Another operation. The STPs have various databases, such as the 800 

reason for not using the C link is to avoid tying up the entire 1C database and the credit card database, and there is still a 

STP3-STP4 pair further database For AIN. It is these databases which are 

TT,e operation of placing a call from E02 to E04 may be "'^ Purposes of & P™* Mention, 

described as follows: The user at E02 picks up his phone . ™ e S „ S7 P^col describes how the signal messages are 

, , 4 , v t . * * i . ™ f ™ r 4 built and routed and provides for network management of 

and dials the number that resides m E04. The SP generates network itscIf Vs if a linkbetween E04andSTP3 

an Initial Address Message (I AM> This message would ZQ wcrc to ^ lost> ST P3 generates a transfer restricted message 

have the destination point code of E04, namely, point code t0 aU Qodes> L aU SPs to STP3, indicat- 

255-201-104. It would have an originating point code of ^ mat ^ not to be sent t0 STP3 for E04 because no 

E02, namely, 246-103-002, in addition to miscellaneous route f rom STP 3 t0 £ G 4 exists. If both A links to E04 were 

other information needed for call set-up. That message down, E04 would essentially be isolated and the STP pair 

would then be sent to either STP1 or STP2. Assuming that 25 STP3 STP4 would broadcast a transfer prohibited (TFP) 

the message goes to STP1, STP1 would look at the message message indicating that nothing should be sent to the pair for 

and determine that the message was not for it as an STP but E04. 

rather is for E04. STP1 would then investigate possible Id the transfer restricted situation it would be possible for 

routings to get to 255 or E04. B and D links are available STP3 to reach E04 via the C link to STP4. This is a 

and STP1 would choose one of the two. Assuming that it 30 non-favored route but would be used in necessity. Handling 

chooses the B link to STP3, STP3 repeats the same proce- such situations is the purpose of network managing mes- 

dure. It determines that the message is for 255 or E04 and sages. Congestion control or TFC accomplishes basically 

puts that message on the A link to E04. the same thing except that it constitutes a more sophisticated 

E04 gets the IAM which has the called telephone number message limiting use of a circuit by stopping messages 

in it and determines whether or not the line is busy. If the line 35 below a certain priority. Each message has a different 

is not busy, E04 generates an Address Complete Message priority. IAMs have a priority of 1 where ANS messages 

(ACM) to indicate that it received the request for a call and have a priority of 2. 

that the number is not busy. That message is sent back by Upon congestion occurring in the STP node for E04 a 
simply reversing the point codes. Now the destination point new call could not be sent to E04 because it constitutes a 
code is E02 and the originating point code is E04. The 40 priority 1 message which is restricted because the conges- 
message goes back to E02 to indicate that the IAM was tion level is 2. Only priority 2 messages and higher would 
received and processed. As soon as the phone is answered at be permitted. If a call is already existing it could be 
E04, E04 sends an Answer Message (ANS) back to E02 answered or released. Releases have a priority of 2 to permit 
indicating that the phone at E04 was picked up, and at that call completion. New calls could not be initiated until the 
time the trunks are connected together. E02 connects its user 45 congestion had been removed or lowered to congestion 
to that trunk and E04 connects its user to that trunk so that status 1 or 0. 

communication is established. All such messaging may The SS7 network constitutes a sophisticated network 

occur in about 600 milliseconds which would be average but having a high predictability which is spelled out in the 

not necessarily fast. predetermined protocol. The SS7 messages traverse the 

The foregoing const itutes the function of the STPs insofar 50 network at all times. The messages themselves comprise 

as routing is concerned. The STPs look at a point code and digital serial messages of various length that come into the 

if it is not for them they just pass it on via a route determined STP. The start of the message is identified by a flag which 

from translations and routing tables. The C link is the last is a zero followed by 6 ones and another 0. This constitutes 

route permitted and is not utilized unless no other route is a unique bit pattern in the SS7 protocol. The protocol 

available. 55 ensures that this particular pattern is not repeated until the 

As opposed to the foregoing, where the point code was for next message. This provides a flag at the beginning of a new 

E04 and not STPL, the point code may be for STP1. One message. A flag at the end of a message is also provided 

example of such a situation would be the case of an 800 call. usually in the form of the flag at the beginning of the next 

The 800 number is a fictitious number which is associated message, i.e., a message usually contains only one flag. The 

with a POTS number in a database in the SCP. Thus if E02 60 message is arranged in 8 bits or in octets. These octets 

makes an 800 call to E04 it is necessary to determine the represent the information carried by the message. The mes- 

real telephone number. E02 launches a Switching Con nee- sage contains both fixed and variable parameters. The Mes- 

tion Control Part (SCCP) message, which is a database sage Transport Part (MTP) of the SS7 message is always in 

request. This point code has a destination point code of an the same place. The values change but the MTP is always in 

alias which is the point code of STP1 and STP2. STP1 and 65 the same place. 

STP2 have various point codes indicated in FIG. 12 as Referring to FIGS. 13 and 14, the start of a message is 

246-100-000 and 246-101-000. They also have alias point indicated at 672 with the commencement of the flag 674. 
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The first 7 bits following the flag constitute the Backward The SS7 protocol consists of four basic subprotocols: 

Sequence Number (BSN). The eighth bit is the backward Message Transfer Part (MTP), which provides functions 

indicator bit which is used to track whether messages have for basic routing of signaling messages between sig- 

been received correctly. The backward sequence number naling points. 

was the forward sequence of the other node's message when 5 Signaling Connection Control Part (SCCP), which pro- 
it was sent. Referring to FIG. 12, if E02 sends a message to additional routing and management functions for 
E04, E02 s include a Forward Sequence Number (FSN) in transfer of messages other than call set-up between 
the 3rd octet of its message. Upon receiving this message, signaling points 

E04 will I include a Backward Sequence Number (BSN) , Q ^ Se(vices Di ha , N k Usef p (|sup) 

equal to the FSN sent in the previous message m its next tn T- . j e * c r • 

message to E02. This indicated to E02 that E04 received 10 W * ich P r0Vl ** for transf f r of cal1 ^ sl S Dabn & 

the first message. This constitutes a positive acknowledg- ^f 0 ™ 11 ™ signaling points, 

ment of receipt of a message. If the eighth bit of the second Transaction Capabilities Application Part (TCAP) which 

octet or Backward Indicator Bit (BIB) is inverted, it indi- provides for transfer of non-circuit related information 

cates a failure to receive the identified message. If the 8th bit between signaling points. 

in the 2nd octet, Backward Indicator Bit (BIB), is inverted, 15 As is described in detail in the common assignee's above 

it tells the receiving node that the identified message was not identified pending application Ser. No. 08/353,281, filed 

received. The accompanying BSN represents the last mes- Dec. 5, 1994, and continuation cases above identified, it has 

sage that was received. The receiving node will then invert been discovered by the applicants that digitized voice may 

its Forward Indicating Bit (FIB), 8th bit of the 3rd octet, be transported in TCAP format in SS7 signals. It has further 

acknowledging a retransmission remission request, and will 20 been discovered by the applicants that such SS7 voice 

begin to send the missing messages until the transmitting transport may be carried out in substantially real time. It is 

end successfully acknowledges all remaining messages, i.e.: a basic purpose of this invention to relieve traffic congestion 

E02 sends a message with a FSN of 5 to E04; in use of the Internet through telephone network access by 

E04 transmits a message back to E02 with an inverted diverting part or all of the traffic from the trunked telephone 

BIB and a BSN of 2, indicating that was the last 25 network to the CCIS network. The analog voice signal 

message it received; entering end office 50 in FIG. 1 is conventionally trans- 

E02 then inverts its FIB and retransmits message 3; formed in the switching system to a digital format and 

If E04 acknowledges this message correctly (BSN of 3) transported in that format through the trunked network of 

E02 will retransmit message 4 and then 5. PSTN-A to the end office 50A. In order to relieve or prevent 

Thus between the BIB and FIB and BSN and FSN, the STP 30 traffic overload according to the present invention those 

keeps track of all of the messages sent between the two signals in whole or in part are transported via the CCIS SS7 

nodes at each end of a link. This provides predictability. If network in PSTN-A. The digitized voice is packetized by the 

a node fails to receive an acknowledgment within a prede- end office SSP 50 with an appropriate routing label and 

termined period of time it will take the link out of service handling instructions as presently is described in further 

because it is receiving no acknowledgments. This is usually 35 detail. The packets are then dispatched through the CCIS 

a short period of time such as 1.6 seconds. network to the end office SSP 50A. An illustrative packet is 

Every 8 bits represents another part of the message until shown in FIG. 15 with the digital message information 

the end of the message. At about the fourth octet there is a incorporated at 686. The information may be in DS0/T1 

length indicator to indicate the length of the message. In this protocol which is conventionally the output digital signal, 

case the message is bad in that it indicates six which is not 40 The number of SS7 packets which may be required will be 

a complete message. Assuming a complete message where dependent upon the length of the message as in conventional 

the length indicator indicates 23 octets, this provides another packet communication. Each packet includes suitable header 

means for error detection. Thus if the recipient counts to 28 information in the conventional manner. In this case the 

this indicates that something is wrong and the message is identity of the destination SSP and as well as the destination 

sent again. 45 server or router 72 is established by the IS CP in the CCIS 

Octet 5 is the Service Information Octet (SIO). This network, and that identity will be included in the outgoing 

indicates whether it is a Fill In Signal Unit (FISU), Link packets. 

Service Signaling Unit (LSSU) or Message Signaling Unit The dispatched SS7 packet communication proceeds 

(MSU). MSUs are used for setting up calls or 800, LSSUs through the common channel signaling SS7 network until all 

are used for alignment, and FISUs are fill in signals. Thus an 50 of the packets are received at the destination. It is a feature 

LSSU is seen only if the link is out of service and going back of the invention that the redundancy of the SS7 network and 

into service or going out of service. packet switching techniques permits packets traveling dif- 

Octets 6-11 contain the point codes. Thus the point code ferent routes to the same destination. This redundancy is 

235-81-8198 is the point code which would be read in FIG. utilized as a feature of the invention to enable to existing 

3. This is backwards as it comes from the message which 55 SS7 network to handle the digital packet communication 

arrives number, cluster, network ID in the order of bits involved and ameliorate or eliminate traffic overload without 

received. That constitutes the routing label telling the STP requiring modification of the SS7 system. The SS7 network 

and the nodes where the message came from and where it is has been designed to perform its conventional signaling 

going. Other parameters are involved depending upon the function while utilizing no more than approximately fifty 

kind of message. If this were a FISU, that would be it. There 60 percent of the network capacity. It is a feature of the 

would be 16 other bits that have Cyclic Redundancy Codes invention that the existence of such spare capacity is deter- 

(CRCs) in them and another flag which would constitute the mined before diverting voice or other trunk signals into the 

end. CRCs constitute a further error detection code which is CCIS SS7 network. 

a legal 1 function in the protocol. From the foregoing it will When the packets are received by the end office SSP 50A 
be seen that the messages contain various fields. This 65 they are depacketized, translated, and delivered to the Inter- 
describes the basic format of an SS7 message which is the net server 72. If the server 72 is of the type described above 
same for all messages of the same type. in connection with FIGS. 5 and 9, those servers process the 
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signal in the manner described above. If the server 72 is that 
of an ISP they are processed in the conventional manner and 
dispatched over the Internet 84. At the exit or right side of 
the Internet in FIG. 1 and the PSTN-B, the inverse of the 
processing just described occurs and an analog voice signal 
is delivered to the distal telephone station 58. 

It will be appreciated that the system and method of the 
invention provides a significant degree of solution to the 
telephone network congestion or traffic overload problem by 
opening an entirely new traffic path to carry the load. The 
amount of traffic diverted may vary between all or none 
depending on fixed or dynamic parameters which may be 
designed into the network for automatic or manual actua- 
tion. The load condition in the COS network is monitored 
prior to the time that traffic is diverted thereby preventing 
overload of the critical CCIS network. 

According to this embodiment of the invention there is 
provided a system and method for utilizing the SS7 or 
common channel signaling network to detect predetermined 
events and the imminence of predetermined events and then 
block or control those events from their incipiency. In this 
case it is desired to divert or redirect calls to a predetermined 
destination, such as an Internet server, when the rate of call 
attempts or calls exceed a specified parameter. One example 
of such a parameter may be the number of specified occur- 
rences per time period (minute or fraction thereof, hour, 
etc.). This is accomplished utilizing the CCIS or SS7 net- 
work in conjunction with programmable monitors associ- 
ated with the CCIS links connected to the STPs and control 
processors for those monitors. According to the invention 
these monitors are programmed to trap and temporarily 
record predetermined CCIS signaling data such as call set up 
messages, associated with specific events, which it is desired 
to block or control. Call-setup messages utilize a call-setup 
protocol known as the Integrated Services Digital Network 
(ISDN) User Part (ISUP) call-setup protocol. The ISUP 
call-setup protocol is described in the Bellcore standards, 
"TR-NWT-000317. Switching System Generic Require- 
ments for Call Control Using the Integrated Services Digital 
Network User Part (ISDNUP)", "TR-NWT000394, Switch- 
ing System Generic Requirements for Interexchange Carrier 
Interconnection Using the Integrated Services Digital Net- 
work User Part (ISDNUP)", and "TR-NWT000444, Switch- 
ing System Requirements Supporting ISDN Access Using 
the ISDN User Part", which are hereby incorporated by 
reference. 

The monitors on the CCIS links to a specified SSP may be 
programmed to trap selected call set up messages which 
inquire as to the availability of a line. The same monitors 
may be programmed to trap call set up messages which 
inquire as to the availability of a line and indicate that it is 
not available. Set up signals which indicate unavailability, 
such as in the case of a busy line, comprise one indication 
of the maximum load on the available voice circuits. Such 
a condition may be relieved by the provision of additional 
lines from the end office to the Internet server. However it is 
desired to minimize overloading with the existing network 
and thus when the occurrence of line busy conditions 
approaches or exceeds a pre-specified parameter it may 
provide an indication of the approach of an unacceptable 
degree of congestion in the voice circuits. The monitors 
provide an output to an event detection center (EDC) 
processor having an SSP capability which is linked to the 
STPs. As described above, the STPs maintain a continuous 
check on the load status of the CCIS SS7 network and the 
link to the EDC makes this information available to the 
EDC. According to one embodiment of the invention, the 
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event detection center processor reacts to the trapped infor- 
mation to block or control (such as diverting) specified calls 
via CCIS control signals to the CCIS network after ascer- 
taining that usable capacity exists in that network. Accord- 

5 ing to another feature of the invention, the event control 
processor communicates with the monitors either via the 
STP CCS links or via connection to a controller for the 
monitors. In this manner it is possible to predict the devel- 
opment of a traffic overload in one type of circuit, the normal 

1Q voice circuits, and to divert some or all of that traffic into a 
different type of network in a unique manner to avoid the 
actual occurrence of the undesired situation. The different 
network, i.e., the CCIS network, thus acts to perform the 
multiple functions of handling conventional CCIS network 
control, activating the monitor network to provide warning 

1S signals, acting on warning signals from the monitor network 
control to direct diversionary switching through CCIS 
signaling, and then transporting the diverted signals via the 
CCIS network. 

Another feature of the invention lies in the fact that no 

20 diversion of signals onto the CCIS network will occur if 
there exists a possibility that the addition of such diverted 
signals would cause an overload on the CCIS network. 

FIG. 16 is a simplified block diagram of the common 
channel signaling control network for a switched telecom- 

25 munications system showing a portion of the common 
channel signaling system as utilized, for example, in a PSTN 
such as PSTN-A or PSTN-B in FIG. 1. The telephone 
stations and Internet modules or servers in FIG. 16 are 
disposed in such a manner that the PSTN in FIG. 16 may be 

3Q most readily visualized in the disposition of PSTN-A in FIG. 
1. Referring to FIG. 16, the common channel signaling or 
AIN network is shown as including a first mated pair of 
STPs 1300-1302 and a second mated pair of STPs 
1304—1306. The mated pairs of STPs are connected to one 
another by C links 1308, 1310, 1312, and 1314. Each mated 

35 pair serves its respective transport area. It will be understood 
that there may be multiple mated pairs per region and per 
PSTN cloud in the drawings, one for each designated 
transport area. STP 1300 is connected to STP 1304 by B link 
1316 and to STP 1306 by D link 1318. STP 302 is connected 

40 to STP 306 by B link 320 and to STP 304 by D link 1322. 
The STPs are connected to SSPs 1324, 1326, 1328, and 
1330. The SSPs 1324^1330 comprise End Offices (EOs) 
having SS7 signaling capability or TCAP/AIN communica- 
tions protocol capability. Subscriber telephone stations 1336 

45 and 1338 are connected to the end offices 1328 and 1330 by 
voice lines 1344 and 1346. The SSPs 1332, 1334, 1328, and 
1330 are connected together by illustrative trunks shown at 
1348 and 1350. The SSPs are connected to the STPs by A 
links 1352-1368. 

50 As previously pointed out, the SS7 network constitutes a 
highly redundant data network, generally a 56 K switched 
data circuit. By way of example, an SS7 message from end 
office 1324 to end office 1328 might travel any one of eight 
possible routes. It could go from 1324 to STP 1300, from 

55 STP 1300 to STP 1304, STP 1304 to SSP or EO 1328. One 
variation on that route would be from STP 1300 down the D 
fink 1318 to STP 1306 to SSP/EO 1330, and so forth. In the 
event a link between STP 1300 and SSP/EO 1328 was lost, 
an SS7 route could be established from end office 1324 to 

60 SSP/EO 1330 via STP 1300 to STP 1304 and the via C link 
1312 to STP 1306 and then via A link 1370 to SSP/EO 1330. 
However, that would be an undesirable route unnecessarily 
using the C link. A links provide direct connectivity while C 
links provide circuitous routes using extra switches, a situ- 

65 ation to be avoided. An alternate route would be from STP 
1300 via D link 1318 to STP 1306 via A link 1370 to 
SSP/EO 1330. 


01/13/2003, EAST Version: 1.03.0002 


6,122,255 


23 


24 


According to this embodiment of the invention an Event 
Detection Center (EDC) 1370 is connected to the common 
channel signaling network via an SSP 1374 and A links 
1376, 1378. The EDC includes a processor and storage and 
operator terminal 1372. Each STP is provided with a series 5 
of monitors M with one monitor bridged onto each STP link, 
each monitor having receive and transmit ports. As pointed 
out hereinabove, and as will be understood by those skilled 
in the art, each SSP has a point code comprising a nine-digit 
code assigned to every node in the network. Each operating 
company has its own network ID normally represented by 
three digits in the point code. The point code also contains 
a three-digit cluster number. A cluster can hold 32 SSPs, the 
SSPs being designated by the final three numbers. Accord- 
ing to this aspect of the invention the monitors M are 
addressable and have individual point codes for control and 15 
programming purposes. 

The monitors include processors and temporary storage as 
indicated by way of example at 1390 connected to the 
monitor M 1391 in FIG. 16. It will be understood that each 
of the remaining monitors M includes a similar processor 20 
and storage. Each of the monitors in a cluster for an STP is 
connected to a monitor controller 1392. The controller 1392 
includes a processor and storage and may be provided with 
a terminal 1393. The monitors and processors may be of the 
type described in Eugene M. Pester III U.S. Pat. No. 25 
5,475,732, issued Dec. 12, 1995, and assigned to the . 
assignee of the instant application. That Pester Patent is 
incorporated by reference herein in its entirety. 

As described in further detail in the aforesaid Pester 
Patent, the monitors are controllable from remote stations to 30 
set traps which may be customized. Thus the monitors are 
programmed to trap packets and/or selectable fields and/or 
field contents on a real time basis to permit extremely rapid 
response to detected conditions. The system and method of 
this aspect of the invention are applicable to not only a 35 
localized or regional communications network but also to a 
virtually unlimited interconnection of such networks. The 
monitors may comprise the monitor circuit card physically 
mounted at a monitor controller 1392 that holds all monitor 
cards for that cluster. The monitor controller includes a 486 40 
or 586 or the like type controller and memory or storage that 
keeps track of all 32 monitors and handles any messages. 

The controller 1392 and its monitors M may be regarded 
as an interface with the SS7 network. The equipment may be 
conveniently mounted at or adjacent to the STP with which 45 
the monitors are associated. A function of the monitor 
controller is recording all of the data forwarded by the 
monitors M. 

The controller 1392 may be similar to the stage one 
controller described in the aforesaid Pester Patent. The so 
controller 1392 is connected to the event detection center 
1370 via a data link 1394. The monitors may physically 
constitute a back plane capable of handling multiple cards. 
The monitor cards themselves include multiple monitors 
such as four monitors per card. According to the invention 55 
the monitors may be programmed by monitor control signals 
delivered either via the SS7 or CCIS network or via the data 
link between each monitor M and its associated monitor 
controller 1392. In the first instance control signals may be 
delivered to specifically addressed monitors over the CCS 60 
links 1376 and 1378 in FIG. 16. In the latter instance the 
control signals are delivered over the line 1394 connecting 
the EDC 1370 to the monitor controller 1392 and thence 
over the data link 1396 from the monitor controller 1392 to 
the processor and storage 1390. 65 

The processor in the event detection center 1370 may be 
loaded with the desired program or script via the terminal 


1372. This script will specify for identified monitors the 
particular signals or portions of signals to be trapped and the 
nature of the output signal to be delivered to the monitor 
controller 1392. The monitor controller receives this desig- 
nated information from all specified monitors in its cluster 
and provides an output signal to the event detection center 
processor 1370 upon the occurrence of predetermined con- 
ditions as specified by the event detection center processor. 
The event detection processor in turn responds to the receipt 
of these output signals from the monitor controller by 
directing to the SS7 or CCS network over the links 1376, 
1378 routing or other control information direct the handling 
of predetermined calls. 

Referring to FIG. 17 there is shown a program controlled 
switch of the type previously described with reference to 
FIG. 3. The switch in FIG. 17 has been modified to imple- 
ment one methodology of the invention in a network of the 
type shown in FIGS. 1 and 16. In this switch the Time 
Multiplexed Switch is connected to an SS7 Module 575. The 
SS7 module performs compression and decompression and 
SS7 processing. This SS7 processing is similar to and a 
counterpart to the Internet processing that occurs in the 
Internet module shown in FIG. 5, which is used in the 
network of FIG. 4. As described above the Internet module 
implements the function of a packet assembler and disas- 
sembler or PAD and assembles packets in TCP/IP format. 
The packets bear the source and destination IP addresses and 
the digitized speech payload. The packets are dispatched 
from the originating router onto the Internet and are deliv- 
ered to the destination router and Internet Module. 

The SS7 module 575 also implements the function of a 
packet assembler and disassembler or PAD and assembles 
packets in SS7 format. The packets bear the source and 
destination SS7 addresses and the digitized speech payload. 
The packets are dispatched from the originating SSP onto 
the SS7 network and are delivered to the destination SSP and 
Internet server, such as the server 72 in FIG. 1 and the server 
1336 in FIG. 16. 

The SS7 module in FIG. 17 is connected to a CCIS 
terminal 577, data unit 581, and multiplexer/demultiplexer 
581. The CCIS terminal 577 is similar to the CCIS terminal 
573, and the data unit 579 is similar to the data unit 571. The 
multiplexer/demultiplexer multiplexes and demultiplexes 
the packet streams to and from the data units 571 and 581. 
The output of the multiplexer/demultiplexer is delivered to 
the STPs and SS7 network. 

Following is an illustrative example of one mode of traffic 
control according to this embodiment of the invention. The 
operator terminal 1372 may be used for programming the 
EDC processor. According to one illustrative example, the 
processor may be programmed to implement the following 
script or program: 

1. Identify the ISP or Telco server to which overload 
protection is to be implemented. In this example it will 
be assumed that server 1336 in FIG. 16 is to be 
protected. 

2. Identify the SS7 or CCIS links to the SSP/EO to which 
that server is connected and identify the addresses of 
the monitors on those links. In this example those 
would be the monitors on links 1360 and 1368. 

3. Send monitor set up signals from the EDC computer via 
either the SS7 /CCIS links or the monitor controller to 
the identified addressed monitors on the specified links. 

4. Through such set up signals program those monitors to 
trap data signals on the specified links which are caused 
by a call initiation request signal (IAM) requesting a 
connection to the designated server. The trapped sig- 
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nals will be stored in the temporary storage associated 
with the monitors. 

5. Program the monitors and monitor controller to send to 
the monitor controller those stored signals which rep- 
resent I AM signals which encountered a busy condition 
on the local link 1344 to the server 1336. 

6. Set a threshold limit for such busy conditions per time 
period, i.e., the rate at which such signals are received. 
When that threshold is reached, the monitor control 
sends to the event detection control (EDC) a message 
to take load reduction action. 

7. When the EDC receives a signal that load reduction 
action is indicated it will check the availability of SS7 
network capacity to handle overload. 

8. Set an SS7 network available capacity threshold which 
is necessary to permit diversion of signals onto the SS7 
network. The links 1376 and 1378 from the EDC to the 
STPs provide the EDC with a continuous indication of 
SS7 network load conditions. 

9. When the EDC receives a signal that load reduction 
action is indicated and the EDC has determined that 
excess capacity is available in the SS7 network, it will 
broadcast a message to all SSP/EOs in PSTN-A. Upon 
receiving this message each SSP/EO sets its program to 
switch incoming calls bearing an Internet prefix to the 
SS7 network. This condition of the switches is main- 
tained until a reset signal restores the switches to their 
former condition. 

10. Once the monitor control signals the EDC that the 
IAM/busy signal threshold has been reached, the moni- 
tor control periodically checks its storage to determine 
if the threshold was reached during the latest predeter- 
mined rime period. When the monitor control deter- 
mines that the rate of arrival of IAM/busy signals has 
dropped below the threshold, it sends a message to the 
SSP/EOs to reset their programs to discontinue switch- 
ing incoming Internet calls to the SS7 network. 

The operation of the system and method of the invention 
pursuant to this programming is illustrated in one example 
in the flow diagrams of FIGS. 18A through 18D. 

In this example an Internet connection is used to link a 
calling to a called telephone without the necessity of either 
party possessing or using personal or office computer equip- 
ment. The subscriber in this example uses the POTS station 
at 56 to initiate an Internet call to a called party at the POTS 
station 58 in FIG. 1. The caller goes off-hook and dials *82. 
This prefix has been established by the Telco offering the 
service as a predesignated prefix with which the public may 
initiate an Internet telephone call through a Telco Internet 
server. It is assumed that the Telco Internet server in this 
example is the server 72 in FIG. L and server 1336 in FIG. 
16. The dialing of the prefix *82 is followed by the dialing 
of the directory number of the called party at the station 58. 
This is shown in step SI. 

At step S2 the central office SSP/EO 50 in FIG. 1 and 
1324 in FIG. 16, responds to the off-hook and receives the 
dialed digits from the calling station. At step S3 the SSP/EO 
switching system analyzes the received digits and deter- 
mines from the prefix *82 that the call is an Internet call. 
Responsive to its programming it knows that the call must 
be completed through a remote central office and that further 
processing is necessary. At step S4 the originating SSP/EO 
central office suspends the call and at step S5 sends a CCIS 
query message through one or more of the STPs. 

The query message goes to the SSP/EO 50A in FIG. 1 and 
to SSP/EO 1328 in FIG. 16, the central office to which the 
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designation Internet server is connected. The queried or 
designation SSP/EO 50A receives the query and determines 
at step S6 whether or not the local link to the called server 
at 50A is busy. If the called server line is busy, the receiving 

5 SSP/EO 50A so informs the originating SSP/EO 50 via an 
SS7 signal at step S7. At step S8 the originating central office 
provides a busy signal to the calling station. 

When the receiving or destination SSP/EO 50A notifies 
the originating SSP/EO 50 that the server line is busy, this 

10 SS7 signal is noted by the monitor on the SS7 link on which 
that signal traveled. This would be one of the links 1360 or 
1368 in FIG. 16. The initial inquiry to the destination 
SSP/EO and the busy response would be trapped by that 
monitor pursuant to its programming. This is shown at step 

15 S9. Also pursuant to that programming the monitor would 
send request and busy signal sequence signals to the monitor 
control 1392 in FIG. 16. This is shown at step S10. The 
monitor control maintains a timed record of the number of 
request/busy signals received and increments that store at 

20 step Sll. At step S 12 the monitor control ascertains whether 
the addition of the latest count reaches the predetermined 
threshold rate for such signals. If the threshold has not been 
reached the count is maintained but no action taken at step 
S13. If the threshold has been reached the monitor control 

25 signals the EDC to that effect at step S14. Upon receiving 
such notification the EDC checks for the availability of SS7 
network capacity at S15. If such capacity is not available no 
action is taken. 

If excess capacity exists on the SS7 network the EDC 

30 broadcasts a message to all SSP/EOs in PSTN-A. This is 
shown at step S16. Upon receiving this message each 
SSP/EO sets its program to switch incoming calls bearing 
the Telco Internet prefix to the SS7 network. This is shown 
at step S17. This condition of the switches is maintained 

35 until a reset signal restores the switches to their former 
condition. 

FIGS. 18C and 18D show the sequence for an Internet 
telephone call which is made after the switches have been set 
to divert Internet telephone calls to the SS7 network. 

40 At step S18 the caller goes off-hook and dials *82. 

At step S19 the central office SSP/EO 50 in FIG. 1 and 
1324 in FIG. 16, responds to the off-hook and receives the 
dialed digits from the calling station. 

At step S20 the SSP/EO switching system analyzes the 

45 received digits and determines from the prefix *82 that the 
call is an Internet call. 

At step S21 the originating SSP/EO central office sus- 
pends the call and at step S22 sends a CCIS query message 
through one or more of the STPs. However this query is 

50 directed to the ultimate destination SSP/EO 52 in FIG. 1, 
which was identified by the destination number initially 
dialed by the calling party. The message traverses the SS7 
network between the two PSTNs PSTN-A and PSTN-B. 
This network is shown by the link 75 in FIG. 1. 

55 The ultimate destination SSP/EO 52 receives the query 
and determines at step S23 whether or not the called station 
at 58 is busy. If the called station is busy, the ultimate 
destination SSP/EO 52 so informs the originating SSP/EO 
50 at step S24. 

60 At step S25 the originating SSP/EO 50 provides a busy 

signal to the calling station 56. 

If the called station is not busy, the receiving ultimate 

destination SSP/EO 52 busies out the called station line by 

blocking all calls at step S26. 
65 The receiving or ultimate destination SSP/EO 52 then 

informs the originating SSP/EO 50 office that the called line 

is available and waiting and that the server 72 connected to 
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SSP/EO 50A may be reached through the PSTN via the SS7 
network to which the SSP/EO 50 was switched in step S17. 
This is shown at step S27. 

At step S28 the originating SSP/EO 50 queries the des- 
tination SSP/EO 50A as to the availability of the line to the 5 
server 72. At step S29 the determination is made as to 
whether or not the called server 72 is busy. If the called 
server is busy, the receiving SSP/EO 50A so informs the 
originating SSP/EO 50 at step S30. At step S31 the origi- 
nating SSP/EO 50 provides a busy signal to the calling 1Q 
station. 

If the desired SSP/EO 50A is not busy, the receiving 
SSP/EO 50A busies out the called server line by blocking all 
calls at step S32. 

The receiving SSP/EO 50A then informs the originating 15 
SSP/EO 50 that the server 72 line is available and waiting at 
step S33, 

At step S34 the originating SSP/EO 50 receives this 
message and a virtual connection of the two SSP/EOs 50 and 
50A is established through the SS7 network. 2Q 

At step S35 a connection to the called telephone station 58 
is established via the SS7 network in PSTN-A, the Internet, 
and PSTN-B. 

It will be readily seen by one of ordinary skill in the art 
that the present invention fulfills all of the objects set forth 25 
above. After reading the foregoing specification, one of 
ordinary skill will be able to effect various changes, substi- 
tutions of equivalents and various other aspects of the 
invention as broadly disclosed herein. It is therefore 
intended that the protection granted hereon be limited only 3Q 
by the definition contained in the appended claims and 
equivalents thereof. 

What is claimed is: 

1. A communication network system comprising in com- 
bination: 35 

a switched telephone network having a plurality of central 
office switching systems and having first and second 
subscriber stations connected by local links to first and 
second of said central office switching systems, said 
central office switching systems switching communi- 40 
cation signals in a telephone network first protocol 
through said telephone network; 

a separate control network for said switched telephone 
network, said control network transporting control sig- 
nals having a second protocol for selectively establish- 45 
ing connection between said central office switching 
systems; 

a packet switched data internetwork coupled to said 
switched telephone network via a server, said first 
subscriber station connected to said first central office 50 
switching system, said server translating a third data 
signal protocol used in said packet switched data inter- 
network to and from said telephone network first pro- 
tocol; 

a load control processor coupled to said separate control 55 
network for said switched telephone network and 
directing the transport of communication signals 
between a subscriber station connected to said second 
central office switching system and said first central 
office switching system connected to said server, said 60 
transport being directed over either said switched tele- 
phone network or over said separate control network; 
wherein said load control processor directs the trans- 
port of said communication signals between a sub- 
scriber station connected to said second central office 65 
switching system and said first central office switch- 
ing system connected to said server over either said 
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switched telephone network or over said separate 
control network in response to determination of the 
load in said switched telephone network. 

2. A communication system according to claim 1 wherein 
said packet switched data network comprises the Internet. 

3. A communication system according to claim 1 wherein 
said separate control network comprises a common channel 
interoffice signaling (CCIS) system using Signaling System 
7 (SS7 ) and said control signals in said second protocol 
comprise SS7 signals. 

4. A communication system according to claim 1 includ- 
ing first and second separate control network servers 
coupled between said first and second central office switch- 
ing systems and spaced nodes in said separate control 
network; said first and second control network servers 
translating said second protocol used in said separate control 
network to and from said telephone network protocol. 

5. A communication system according to claim 4 wherein 
said second protocol is signaling system 7 (SS7 ) protocol. 

6. A communication system according to claim 5 wherein 
said telephone network protocol is a r carrier protocol. 

7. A communication system according to claim 1 includ- 
ing monitors coupled to links in said separate control 
network and coupled to said load control processor, said 
monitors providing signals to said load control processor 
indicative of the load in said switched telephone network. 

8. A communication network system comprising in com- 
bination: 

a first switched telephone network having a plurality of 
subscriber stations connected thereto by local links to 
central office switching systems in said first switched 
telephone network, said central office switching sys- 
tems switching communication signals of a first pro- 
tocol through said telephone network; 

a first separate control network for said first switched 
telephone network, said first control network transport- 
ing control signals having a second protocol for selec- 
tively establishing connection between said subscriber 
stations; 

a second switched telephone network having a plurality of 
subscriber stations connected thereto by local links to 
central office switching systems in said second 
switched telephone network; 

a packet switched data internetwork coupled to said first 
and second switched telephone networks via first and 
second servers, said servers translating a third data 
signal protocol used in said packet switched data inter- 
network to and from said first protocol; 

a load control processor coupled to said first separate 
control network for said first switched telephone net- 
work and directing the transport of communication 
signals between a subscriber station connected to a first 
central office switching system in said first telephone 
network and a first of said first and second servers over 
either said first switched telephone network or over said 
separate control network; 

wherein said load control processor directs the trans- 
port of said communication signals between a sub- 
scriber station connected to said second central office 
switching system and said first central office switch- 
ing system connected to said server over either said 
switched telephone network or over said separate 
control network in response to determination of the 
load in said switched telephone network. 

9. A communication system according to claim 8 wherein 
said packet switched data network comprises the Internet. 
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10. A communication system according to claim 8 
wherein said separate control network comprises a common 
channel interoffice signaling (CCIS) system using Signaling 
System 7 (SS7 ) and said control signals in said second 
protocol comprise SS7 signals. 

11. A communication system according to claim 8 includ- 
ing first and second separate control network servers 
coupled between said first and second central office switch- 
ing systems and spaced nodes in said control network; said 
first and second separate control network servers translating 
said second protocol used in said control network to and 
from said first protocol. 

12. A communication system according to claim 11 
wherein said second protocol is signaling system 7 (SS7 ) 
protocol. 

13. A communication system according to claim 12 
wherein said first protocol is a T carrier protocol. 

14. A communication system according to claim 8 includ- 
ing monitors coupled to links in said separate control 
network and coupled to said load control processor, said 
monitors providing signals to said load control processor 
indicative of the load in said switched telephone network. 

15. A method of transporting a voice signal over a 
combination of concatenated networks including a switched 
telephone network having a separate packet switched control 
network and a packet switched data internetwork comprising 
the steps of: 

a) determining the traffic load in the switched telephone 
network to the packet switched data internetwork; 

b) responsive to the determined load switching at least a 
portion of subsequent traffic directed to and from the 
packet switched data internetwork to the separate 
packet switched control network. 

16. A method according to claim 15 wherein said packet 
switched data internetwork comprises the Internet. 

17. A method according to claim 16 wherein said separate 
packet switched control network comprises a common chan- 
nel interoffice signaling (CCIS) network using signaling 
system 7 (SS7 ). 

18. A method according to claim 17 wherein said traffic 
load in said switched telephone network is determined by 
monitoring call set up signals in the CCIS SS7 network. 

19. A method according to claim 15 including the step of 45 
translating the voice signal to SS7 protocol. 

20. A method according to claim 17 including the steps of 
translating the voice signal to a T carrier protocol and 
translating the T carrier protocol to SS7 protocol. 

21. A method according to claim 20 including the step of 
translating the SS7 protocol signal carrying the voice signal 
back to T carrier protocol and translating the T carrier 
protocol signal to TCP/IP protocol. 

22. A method according to claim 21 including the steps of 
transporting the TCP/IP signal carrying the voice through 
said packet switched data internetwork, translating the TCP/ 
IP signal which was transported through said packet 
switched data internetwork to T carrier protocol, and trans- 
lating said last named T carrier protocol signal to analog 
voice. 

23. A method according to claim 21 including the steps of 
transporting the TCP/IP signal carrying the voice through 
said packet switched data internetwork, translating the TCP/ 
IP signal which was transported through said packet 
switched data internetwork to T carrier protocol, and deliv- 
ering said last named T carrier protocol signal via a second 
switched telephone network. 
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24. In a communication network system comprising in 
combination: 

a switched telephone network having a plurality of central 
office switching systems and having first and second 
subscriber stations connected by local links to first and 
second of said central office switching systems, said 
central office switching systems switching telephone 
network protocol communication signals through said 
telephone network; 

a separate control network for said switched telephone 
network, said control network transporting control sig- 
nals having a second protocol for selectively establish- 
ing connection between said central office switching 
systems; 

a packet switched data internetwork coupled to said 
switched telephone network via a server comprising 
said first subscriber station connected to said first 
central office switching system; 

a method comprising the steps of: 

a) determining the traffic load in said switched tele- 
phone network to the packet switched data internet- 
work; 

b) responsive to the determined load switching at least 
a portion of subsequent traffic directed to the packet 
switched data internetwork to the separate packet 
switched control network; 

c) translating said switched subsequent traffic to said 
second signal protocol used in said separate control 
network; 

d) further translating said switched subsequent traffic in 
said second signal protocol to telephone network 
protocol; and 

e) delivering said further translated subsequent traffic to 
said server in said telephone network protocol. 

25. In a communication network system comprising in 
combination: 

a switched telephone network having a plurality of central 
office switching systems and having first and second 
subscriber stations connected by local links to first and 
second of said central office switching systems, said 
central office switching systems switching telephone 
network protocol communication signals through said 
telephone network; 

a separate control network for said switched telephone 
network, said control network transporting control sig- 
nals having a second protocol for selectively establish- 
ing connection between said central office switching 
systems; 

a packet switched data internetwork coupled to said 
switched telephone network via a server comprising 
said first subscriber station connected to said first 
central office switching system; 

a method comprising the steps of: 

a) determining the traffic load in said switched tele- 
phone network to the packet switched data internet- 
work; 

b) responsive to the determined load switching at least 
a portion of subsequent traffic directed to the packet 
switched data internetwork to the separate packet 
switched control network; 

c) translating said switched subsequent traffic to said 
second signal protocol used in said separate control 
network; 

d) multiplexing said subsequent traffic in second signal 
protocol with control signals in said second signal 
protocol in said separate control network; 
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e) demultiplexing said subsequent traffic in second 
signal protocol; 

f) translating said demultiplexed subsequent traffic in 
said second signal protocol to telephone network 
protocol; and 5 

g) delivering said demultiplexed and translated subse- 
quent traffic to said server in said telephone network 
protocol. 

26. A method of transporting a voice signal over a 
combination of concatenated networks including a switched 10 
telephone network having a separate packet switched control 
network and a packet switched data internetwork comprising 
the steps of: 

a) determining the traffic load in the switched telephone 
network to the packet switched data internetwork; 15 

b) responsive to the determined load switching at least a 
portion of subsequent traffic directed to and from the 
packet switched data internetwork to the separate 
packet switched control network, and 

20 

c) multiplexing said switched subsequent traffic with 
control signals in said separate packet switched control 
network. 

27. A method according to claim 26 including the step of 
determining that the separate packet switched network has 25 
available capacity for transporting said subsequent traffic 
before switching said traffic. 

28. A communication network system comprising in 
combination: 

a switched telephone network having a plurality of central 30 
office switching systems and having first and second 
subscriber stations connected by local links to first and 
second of said central office switching systems, said 
central office switching systems switching communi- 
cation signals in a telephone network protocol through 35 
said telephone network; 

a separate control network for said switched telephone 
network, said control network transporting control sig- 
nals having a second protocol for selectively establish- 
ing connection between said central office switching 40 
systems; 

a packet switched data internetwork coupled to said 
switched telephone network via a server comprising 
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said first subscriber station connected to said first 
central office switching system, said server translating 
a third data signal protocol used in said packet switched 
data internetwork to and from said telephone network 
protocol; 

a load control processor coupled to said separate control 
network for said switched telephone network and 
directing the transport of communication signals 
between a subscriber station connected to said second 
central office switching system and said first central 
office switching system connected to said server, said 
transport being directed over said separate control 
network following a determination that said separate 
control network has sufficient available capacity to 
transport said communication signals. 
29. A communication system for transporting a voice 
communication call, dialed as an Internet directed call at a 
calling subscriber telephone station, to a remote dialed 
destination subscriber telephone station via the Internet, 
comprising: 

a switched telephone network comprising a plurality of 
central office switching systems connect able to each 
other through voice communication links, a first of said 
central office switching systems connected to said 
calling subscriber telephone station and a second of 
said central office switching systems interfacing with 
an Internet server; 

a separate control signaling data network for said 
switched telephone network operative to establish con- 
nection between said central office switching systems; 

a load monitor connected to said separate control signal- 
ing network; and 

a load control processor coupled to said separate control 
network and operative to direct the transport of voice 
communication signals for said dialed Internet directed 
call between said first and second central office switch- 
ing systems through said separate control signaling 
network when said load monitor indicates traffic therein 
is within a set load threshold, wherein routing of said 
call bypasses said switched telephone network voice 
communication links. 

* * * * * 
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